Add to 
porttbNc 



HYBRID NETWORK FOR REAL-TIME PHONE-TO-PHONE VOICE 
COMMUNICATIONS 

VV:r;o Pafeni WO/1&977028628 Kind CtKfe: A i 

« by way ofa pscicsr-swrchs^ dig&si oats nsSwo*: r13t so «tv» mdacommtimsi k>ng dsstsncs ch8sg«$.^ 
* To make a ions, dlstsnc* cait a*us«sr{i?>s>m»Sy tSais'ihs kwa! rtumb«f of fee c^gsoaisng ssrvsr fsi), sod 



i v «i:.5e..»t«.-« S : iv 



:* Lfonsi 

i PCTAJS1SS7/DQ1589 
s 01/30/198? 
| 08*07/1087 



| LABS OF ADVANCED TECHNOLOGIES INTERNATIONAL CORPORATION. 



melhod of making s masting long distance Ssiephons toisiephsn© csSI from a carter to 3 facipjem. She 

g a joes] teSep^sons nurnber <m a ioc^wtclWd telephone oatLost, and ihsreafisr corasrasn^tag to 
teslinaljon »w paekelaacJ digits*: data indicative of the ieiephorss number of the rscsplerit; to® 
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s destination server teiephohing the recipient using a iocs:! telephone number via a switched telephone 

originating setver converting analog voice signais received from ih® caller to digital voice signals and 

it thereafter forwarding same to the destination server in packet form via the digital dais network during She ?: 
s maiflme telephone conversation: and the destination server receiving the digital voice signals from the 

« originating server and converting same to anaiog v»c& Signate and forwarding the anaiog: vosce signa.8 to s 

* the recipient during the telephone cor-versaiion.- | 

^ s. i ^ ^ .si ' > . s.tf ^ s !'! * 2 < 0' -i. * 0 ' s' ^ ' -O'st' s.4 v Xi - *k' ' i 

s signals from the nscipsenf convening iham !o digital signals and transmitting same to the originating server a 
ai packaged form during the conversation and the originating server receiving me p^cke'feed digits} voice 

f t ' ,1 1 sis f .. s Si d ^ ^ 3 > <. ( > t 

* the caller via the telephone network. | 

it 3. The roethocs of oSatm t, fttrtner coowsing ths steps of: determining a mslwork delay between the ?: 

s originating and destination servers; comparing the delay to a prsKjetermined threshold delay time so that a 

a 4. A hybrid bidirectional telephone communication network for permitting readme phonetophooa Song it 

distance voice cottvet-sahoo between a firsi party and a second pady the hyixiCi msfwork utiiioing a | 

% i ~ i. IX tX t \ ^ vlfiO S Si. \ ts Vi * m ( l v. „. Ot h * O it; s. f d <: t | 

it comprising: a first communication server iocai so the first party and coupled thereto via a switched * 

a telephone network, and a second coromunication server iocai to the second party and coupled thereto via a s 

a switched teiepnorse netwom; a packetswitched dlgitai data network interconnecting and allowing aacketsed * 

it dtgifai data eonwnonicatfon botwe«n said first and second servers: said first server including transmission ti 

it mod« means tor: (i) recsivsng s local ts&pHom m\i from the first pasty by way of the switched seisphone ti 

m network; {«) rso^iving frorrs fh« first party ths tsisptwne number of the ssoond oarty. (Hi) oommtinicating with t 

a ssid second server over said dsgisai data network and insmscsng sssd second server r.o caii the feiephone s 

it number ot fn« second party: and {:vs convertirig anatog voscs ssgnais reossvsd from the isrst paity to digital «s 

>f kr rdsr t tf IN o in a ft *> i ^ ^ ns tatr | 

instrucfione to do so from the second se'ver; and (vi) rsceivsog digital" v&ce signals from the aecond server 

a means for: {n receiving a tocai tsiephone caii from the second party by way of she switched ieiepnooe s 
h f v - r.TMi vt f nJ s jds t h *i; -^^ '"^uo -tit! ^ r c* Tst po t > -\ ™i -ut-ii-at -g v *n 

ti digital voice ssgnais and forwarding same to said iirsi sasYsr over the digriai data nslwork: jsasd second it 

ti server fcrihor comprising receiving moss means for: fv) iocaiiy oaikng the second psrty upm rece:v(ng s 

it instruofiorfs to do so from said Srsl server, and ; vl) receiving packefised digital vorcs signals from said first a 

ti serv-er over said digitai data network and converting same to snaiog voice signals and forwarding she a 

il X, <- f (: ^ !! t d ^ n r or t: ^ o- nJt v u ^ \d t vol | 

a induding said first and sscond servefs rs bidirectional in shsi both the first and second parties arc capable it 
ti vosca steals, " ' ' - - - - , ; 

ti 5. The hyono nefevork of claim 4. wherein each of said firs! snd secrsnd servers fnnher comprises fscsirniie a 

ti ssid dlgitsi dsia network. | 

a 8. The hybrid network of claim g, wherein aach of said first and second servers further comprises 

ti conference call means and groap message means for allowing fh« frrsl and second parties to conduct «s 

a notwors: and graop sacsimise means | 

a 7. A method of masing a long distance tsiephone caii in rsaitims from a caller to a recipseor. me method s 

a comprising the steps of: a) providing a iirsi server local to the caller and a second server local to the | 

ti recipient the first and second servers being connected to one another by a digits! data network; hVihe «s 

w *t J {*. a c f>* «p j « * •* v.^ o x >»v> t « - s«i « \ Vs. v >f vJ ->v t 

a tssephone netwodt; ct the caller selecting a fovopany votco communication mode from e piurailr/ of possible s 

modes, the other posssbio modes including a facsimile mode and a FCioPC mode; d.? the oaiier entering ti-ie 

a telephone number, the first server Instructing she second server via ths digital data network to call the 

a connect the caller and recipient vis the first and second servers and the digital data network; and g] the 

it oaiier and recipient canyarjg on a realtime voice telephone conversation during which the first and second a 
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ch perform 0<'A an;; A/0 conversation of voice- signals thereby enabling the parties to cany on the | 
sn using telephones which output analog voice signais. 

rising the step of determining a delay ever the digita; data network 
and oompsnng the delay with a predetermined threshold. 

tit f « *■ - tx^u i <. i->nev Kef vi 1 - pin nit K. t m ii sik,n^\f>^ 

s interconnected by way of a eadwtswiiched digital data network, each of sa& severs being coupled to 
s users by way of a switched feiephone network so teat a caller can access s tocai said server over the 
| telephone networfe and input a destination telephone number of a recipient; and wherein each of said 

* servers includes means for receiving one of said destination Seiephone numbers tern s caiier and in 

s response establishing reaitsme voice ccsrarfjwriit^te between the caller and the recipient vis another said 
5 I - ' ^s- s i<i"l !c \l '(!'' C'f. 1*\'0^ 

■>i n mU c iVf .md c-c oit-nt ; , \;-, f .^oSiir w^'i i-s-^- 

| ILT^r^Nt ■>* I -* t f v icm hi > * is 'i^p v*! " n ^i t s oj 

* oaffers to iswsmit facsimile data to recipients whereby facsimile transmissions originate from the caiier. am s 

* forwarded So an angina sing sad server over iris switched telephone neswork.. are hereafter packaged and s 
« sen* to a desiiiafiorf said server over said digital data nefwork, and forwarded so the recipient over the 

s switched teiephone network from satd desiinsiior; server. 

s 12. The network of claim tt , wherein each of said servers further comprises group message means for 
e fx?. i \ » e i - Qe t*^i f 1 \ ^ «; > n i ! - <s ^ » « p ^ ; - ) e »f i i 

s 13. The network of claim t2, wherem each of said servers further comprises multiparty conferencing means s 
for permitting a easier to initiate a conference cell with § piuraiity of recipients over the switches telephone 

* network and fee digfiai data network. 

« 14. The network of e.iarrn 9, wnereai each of said servers further comprises delay' determination means for 

>. -< nui t \ 1 « ill r wl< i" ' due -> ibt igiUl j « s<.r\ 3n.k ^ 
s means for "comparing the determined overall delay with a predetermined threshold deiay time so that the 

* caff may be terminated when the overall delay exceeds the predetermined threshold daisy time. 

* 15. A metnod o? making a lefepborte call comprising $m steps of: a caiier teiephonsng a local server over a s 
wfcun swsichsid feiephone no^ork ana inputting tne ieisphoiss isnmsef of a recipient, the iocai servsr 

s adwessjn§ a remoie server over a packesswitened dsgsfai dais network; tbs remote server calling the 
s recipien? at §s© teiepnone number so mat realtime phonetophone voice conversation is reaiizeo between 
« the catser and rectpsem. 

« 1& A method of a easier using a telephone naiifog a rscipiant PC. the PC being equipped with audio 
receiving equipment artd naming sn address on a packeiswitc.ned nstvyork the method oompi-ismg the steps 
f « ^ ^ h « « 10 iii ib i a* u e*. t^ bor ^ \ vh>^ utt 

« packeiswitcbed network thereby enabling realtime voice communication between the caller and a user of 
s fhe PC, 

s 17. The method o! otairn 16. wherein the caller enter* the foiiowing sequs; 
s: PC. 

I 18. A method of making a conference caii to a piunsllty of recipfentc- comprising ths steps of: a ca 

«i.-AMl,.i\e c hf <. H »( lOt'i ■• s ... N v ^ ^ '•tt'jU-* •> -■ -> C"*st «*-i.n •-■ - x.n< 

s oorresporidsng to the recsptenss, each numeer feeing separated trom she adjacent number (s) by a 
nnmenc O'i'fviF input, and fiie server receiving die continuous sepuence ot seisphone numhers, a 
« same to he dialed thereby permisUirsg voice or fax commuoioaMon bafween the caBer and the plun 
s: recipients. 

Hv'BR'D NETWORK RcAt -T;f v C PHOhSE TC-PHONi" V'OiCE COMMUNiCATiONS 
« This invention relates to a system and corresponding method for permitting real-feme telephone 
s communication between parties via a packet-switehad digital data network More particu-sriy, tt- 
invention reiates ta a hyptid comm. ^cation network whion utiiaea an existing cii'cpit-switcfsed t 
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neswork and an existing packet-switched nstawk. the hybf-cS network mcHtdtrtg a piuraiity of | 

geogrspbicaify spaced senm interconnected vis the pscket--swltc:hed network enabling users to make 4 

accesses another server iocai jo the number being ceiisd and connects me o&hnq and catted parties. 4. 

BACKGROUND OF THE ifWENTiON | 

Figure 1 iffusfeates a convenfeonat dedicated teiaphone network wherein long distance" caiis may be ?: 

mads (tofts for exempt® caiier 1 to recipient 3 vis network 5. WeH known »xamp}«s of such networks 5 are | 

eunwtiy provided by AT&T™ and iViCt™ as part of the Public Swstehed 'telephone Network IPS FN) . The i 

switching technique of network 5 is based on circuit switching, i s. each communication is afforded a | 

"dedicated" channel for foe dursSon of She communication. Because caller 1 end recipient 3 am located in | 

different area codes, long distance changes are incurred by the caster upon tents distance use of mVmxn. i 

6. Unfortunately, tnese kmg distance charges quickiv muUtoiy and often become quite burdensome. | 

Long distance subscriber systems {e.g. see U.S. Pat. No. 4,513,175) oompsting with such established | 

telephone company long distance systems have gained noteworthy acceptance. Typically, such | 

subscnber systems employ the local switched telephone tines of an estabitsbed telephone company to | 

connect a subscriber to a | 

computer. The compiler conveys the subscriber's telephone sail over a dedicated transmission network | 

to another local area where the call is again reintroduced Into the switched telephone network and | 

number to gain access to the computer wbich consols the iong distance dedicates' network's) to be | 

thereafter, disss the area code and telephone number of the remote ioessloo which is to be contacted sj 

through the system. 1 

Unfortunately, the long distance subscriber systems set forth In U.S. Patent Mo. 4,513,175 suffer from a | 

number of pmbtems. Firstly, me systems are not eauippec; to permit facsimile communication, multiparty 4. 

conference calls, ate. as well as conventions: telephone conversations. Secondiy, these privately owned | 

long distance networks ere not packet-switched, and therefore suffer from the problems inherent in | 

dedicated systems. Furthermore, the subscriber systems discussed sn the '175 patent require me 4. 

> -f v.< so ( ( <uteu n e mate «> %.ated 5 -< i&^ »v Iih «> j | 

Impractical and unduly expensive givers today's marketplace. | 

U.S. Patent No. 5,341,374 discloses a token nog network integrating vosee data and video with distributed 4 

call processing In a packet-switched network which supports resHtsroe voice conversation. A plurality of | 

token ring networks are Interconnected via bridges or the ilks, each token ring network including a | 

number of nods coupling units {psxjcessor-ceniroiied switches) arranged In a ring connected by a twisted 1 

pair Each node may bo ooupied to a PC, telephone, and/or imaging system. Analog- to- digital (AO,* and sj 

<3:gitai-to-ar:aiog t'D-'A) xinveisiort as weii as date processing, d'spiav, and storage operations ate j 

perforated by the household devices (e g. telephone, PC, etc ) coupled to the nodes. Unfortunately, the | 

system of the '3>'« patent is not abis to serve the majorlTy of today's society because mosr househoibs do : 

t tfwit fe >, =i)(d ! wt Ms h erte i ^ «LH )i\>»)«> » v. f : 
\\ P N * f j ^ ^ ^ fi^ f 1 > ;c i. > * % I ^ . . n. \ »c ■• ^ \ d. 

conversations cannot benefit from or \Mm the '374 system. Also, phonas not connected to the token-ring 4. 

tecai area network (LAN) cannot use the system, i.e. the system is irrniied to token nnq network 4 

tedinology whioh is wndesliabie given current market conditions. | 

jeiephone network (PSTN; in transmitting Information between remote dale devices by way of a | 

natlonwsoe otgitss data nehvors. A pii.irality o? geograpbicaiiy spaced local nodes ieaoh connected to a | 

transmitted from one area code to another via the digital data network without Incurring iong distance | 

fujn" I c st i otfo^ t ■> ^ai N o v s i ^\ o x n sidison! i«- : 

not capable of transmitfing reat-tims continuous voice data: ill) it requires the use of broadcast facilities 4 

•< pi 5- -? be i 1 ( h" ->rdai> )a sr ssi a - x ^ - * -< > > -o < ) > )l | 

reqolros the provision and maintenance of a private or paid-for digits! dsta network. | 

ga ned pop .am\ -h ^qhout the wcrid F:gn:e J: «ins;'3tes ->mpnter ? -omn-unica'r.i-g v ith computet oy : 
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compatible means for interaotag with one another to exchange digital data. "His system is composed of s 

many network providers interconnected via routers. The most commonly used method for transferring | 

fifes Is known as the file transfer protocol (ftp) , Computers 7 and 8 typically accsss the internet via | 

various standard netvwk interface cards, sue* as Ethernet and FDD;, or indirectly by way of data | 

modems. Wire-type finks are generally used | 

The internet is a packet- -switched dicjial data rset*wk. Packet switching is a way m which different s 

network segments can share a common Iransmlssiars media. Rather than send a large block of data over | 

a "dedicated" fine directly to the destination computer, 8 packet switching network breaks the data into | 

source and destination information This allows many packets to flow through the same network. a8 ?: 

reaching their aopropnare destination. Devested network components railed packei-swischsng nodes s 

route these packers from course to destination, using the information contained in the packet itseii Alter | 

all the packets from a particular transmission of data reach their destination, the source and destination | 

information is removed, and the packets are reassembled into the origins! data, in this way, packets from | 

any number of computer:? can share tl>e network. | 

Although it is currently unclear whether the following are prior ari to the instsrit ioveofioo, systems which | 

aiiow computer* to-compoter voice communication over the internet have recently been introduced into | 

the marketplace. Using aoch systems, voice communication is possible over the Internet provided that the | 

par8dpat(og computers (PCs; are ecfiipped with their own microphone, speaker, audio device, and | 

necessary cowwraoatfon software, Unfortunately, >hia recently mtroduoea campy tar-to- computer vosoa s 

technology may only be utilised when bosh parlies | 

haw PCs. equipped with the spaciated hardware, software, and internet connectic-n. Furthermora. it is | 

required that both parties be pre-no-lfled of intended usage, and both computers be turned on with the | 

necessary solace before communication may take place. This is unduly burdensome and iraprsctiesl as | 

or vtinh •> n tr - *• A^fi^n i hvr* i " <r> ■>> -^-'V**. n | 

higher percentage of nan- computer households throughout the world- | 

lo-phone voice communication over the Internet. Again, it is unclear at Sins time whether ihts system ?: 

represents pnor art to she instant invention. However, tnss computsr-to-prione system also suffers from s 

the prooiams set forth above regarding the ecmputer-to-- oomputer system and <s further smstad because it s 

is not bl •> directional . in other words, coremonioatians or voice conversations can only originate from the | 

PC. Callers who simply own a conventional telephone fi e. hook and ring device) may not cats cither PC | 

owners or osher phone owners by way of shse system. This is a problem . | 

in view of the above, if is clear that (here exists a need in the art for a bi-directional system and | 

need for PCs or the like) wherein any telephone owner or caiie; 
simply disss a iocs; number which resorts in real-time voice con 

recipient via a dtgftai packet-switched network therapy eliminating the Ineurrence of conventional long 
distance charges. There also exists a need sn the est far such a system which will also support faosimrS 

SUMMARY OF THE INVENTION 

Generally speaking, tils invention fuifiiis the above- described needs in the art by provkiirrg a hi- 
directionai telecommunication network enabling reaHrme voice womun*ea6on between callers arid 
recipients, the telecommunication network comprising: a plurality of ol-dtreotlonai communication sarw; 
Interconnected by way of a packet -switched digital data network, each of the servers being coupled to 
users by way of a switched telephone network so that a caller can a- 
telephone network and Input a destination telephone number of a re 
<\^o<r x ^ -c WW'U'C. \j\ o ^ >\ \ >! v v^r 
response establishing real-time voice communication between the o 
destination server over the packet-switched digital data network. 

According to certain preferred embodiments, the system also enabh 
This invention further fulfills the above-described needs m the art by 
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<&s*ariC8 telephone oaii in rest! time from a ceft&f to a rescipieot, th« tneihod comprising tte steps of; a) 
providing a first server tecaS to fee caller m<i a second server iocai to the fsc^»m< the f;rsi and second 
servers being connected to one angioer &y a d:gaa; da;a natwonc b> the oaiier dialing a iocs- telephone 

selecting a two party voice coninKinicallon mods to s plurality of possible rvsodes, the other possible 

d} the caller sntsnrsg the mspmtfs telephone number which ss received by ihe fsrsi server: e) upon 
dsia network to csft ihe recipient; f) the second server easing th« recipient's telephone number by way of 

the first and the second servers each perlofm Of A and A/D conversion ol voice signals mereby enabling 
the parties to carry on the conversation using telephones which output analog voice signals. 

in addition to phone-to-phone communication, the system aiso permits phone-te-PC, PC4o-phons. and 
PC-to-PC cotrsfnunicalione, provided Si-sat the PCs have an aodio device, speaker, microphone, and 
software to implement sams. 



M THE DRAWiNOS 

switched digital data network such s& the internet. 

Figure 3 is a block diagram of a hybrid corornunicstion network utilizing existing tslspho 
sn existing packet- switched digital date network according to th:s Invention, 



the packet- switched network. 

Figure 4 is a block diagram Illustrating 

Figu re 5 is a block diagram of the voiee/dsiaftax ess 

Figure Stss flowchart itiystraiirsg bow 
choose between one of multiple different 

Figure- ? is s ficswehsrt of 




Figure 8 is a flowchart 
FiguraS. 



group massaging modes. 

Figure 1 1 is e flowchart ISostratlog steps earned out by an ohginsfano server In the tsvo-pstfr/ voles mod 

Figure 12 is s fiowchsrt illustrating steps carried out by an onginsling server Irs the rnulti-psrty 
conferencing mode. 

Figure 13 is s fiowohsrt illustrating the functions performed by the servers in the network In bolh She 
reception and transmission modes. 



Figure 15 is s fiowohsrt Illustrating dialing out functions performed by the called or destinat 
when fssf-tlsm communication Is not required between the caller and recipient, 

DETAILED DESCRIPTION OF CERTAIN EMSODI ivtEisffCi OF THIS INVEMTIOH 
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Iks parts throughout th« several visws. 

Figure 3 illustrates 3 hybrid network for providing man €roe telephone vote communication between 
feasoteiy ioested caiiers and recipients, ihe hybrid network ytiifcing existing circuit-switched telephone 
network(s) 15 having dedicated iirm and existing p««&^aw8cbea" dtps! data network 13 {e.g. itta 
internet) . The hybrid network parrolis callers 17, 18, or 21 having simple telephones imti not 3 PC or 
facssniie rrworsine) to maks what would otherwise be kmg distance telephone calls So respective 
recipients wtfbooi incurring the conventional long distance charge, The network usss no csntraiteed 
control and combines Ihe advantages of so exisbng iooai telephone networks) 15 for cos! effective iocaf 
communication with Ihe existence of, for example, the Internet 13 for economic global communicatfert 
Iherebv aiiowma iong distance telephone casss to be mscte without the usual "long distance* expense 
Incurred when the P&TU is used. The hybrid network does not require oaifers and/or recipients of caiis to 

sosfog-outps.it telephone, 

recipient's number (destination telephone number including at isasi ten digits) . The originating server 
looks tip the destination numb®? in (is IP database 25 and determines She address of ihe correspond log 
server 1 1 [oca! to the designation number is .g. in the same- area code) . The originating server 1 1 then 
addresses and communicates with the destination server 11 ©vef nahvork 13, 

which in turn caiis the recipient over PSTN 15 When the recipient's telephone rings, the recipient simply 

voice messaging or rnuUs-jsarty conferencing, the recipient is notified of the typo of service (or mode} by 
way of a voice massage sent io the recipient to the destination server, in the case of a fax or group tax 
modes to be discussed beiow:. the recipient is assumed to have a tex machine. 

As shown in Figure 3, the hybhd network Includes a plurality of geographiesiiy spaced communication 
servers 1 1 interconnected by way of packet-switched digital data network 13. According So certain 
embodiments, each server 11 is located in a different area cade or iosai calling region, For example, 
Figure 3 iiiustrstes the phone number of the server 1 1 local user i 7 as (201 } 333-5500 and the phone 
number of the server 11 local user 21 as {517} 34&-10OO. Aii servers 11 (e.g. PC-based including: a 
v u t ' <. ^ i f ^n •- i > »'j 'ttitu 1 ^' t diqtei v v \ iP'j' it 

switched telephone network 15 in that any one of households 17, 18, and 21 can communicate with one 
another no matter who originates the communicator*. 

Figure 4 is a block diagram Illustrating one of ths plurality of servers 1 1 in detail. Each sarvar 1 1 is 

> e., <-v i et. o:i ! ., L *i v>rvnt:i ■> P; „ ^'*r- ^a 'fn^Jt-v* ••-■><, f 

so lbs; a mumptoty of posentisi caiiers/feapierifs can access the systen> via each server. Alternative^ a 
channel service m» {CS\J} may be used snsread of PBX 18 to permit commiinicatjan between network 15 
and server 11. A standard Tl fink 27 may be interposed between PBX 16 and server 1 1 . 

As shown, each household (17. IS, or 21 ) inoiodas at ieast a standard anaiog-ouipot teiophona 29. 
OptionafSy , eac^ii bousshoid may aiso inciuds a facsimiis machine 31 , psrsonai computer (PC) 33, data 
modem 35 : . and/or wireisss or ceiiuisr teiephone 37. Each one of these devices may be used io access 

phons 2S or PC 33 ss >s<|iiipped with a video Sispisy and./or camera, the system is abie to suppon: rsai- 
time audiO'Video convetsafion and imaging feetwsan saiiefs and rooipients. 

Each server V! snoteos buss or busses 39 which interconnects vofcse/dafatfax con;roiier-'s) 41, storage 
43. memory 4S, prcoessor(s.f 47, and digstai data network irtteffaes 48. Network interface 49 may be, for 
sxaropis, s convenilonai Ethemaf or FDD: network access card. Multiple network adapter cards may be 
used When server 11 sorvioes many Sines, the number of access cards required aiiso being a fonofion of 
the network bandwidth. Paekebzed data to be sent over rsebveirk 13 may be fomjatled at 48 by way of 
conventional TGP/UOP/iP based profescois. For real-time voice communication, an efficient tow-overhead 

time audio transport protocol vat, siighiiy modified, may Oe used. 

Digital data storage 43 may include a standard storage disk while .a Pentium-based chip{s) may be used 
in processor^} 47, Storage 43 includes both authorisation database 23 and IP database 2S, as wek as a 
directory database. Thus, Information reialing to which server 1 1 in the network (and its address) covers, 
or Is ioeal to, parficuiar destination telephone numbers is stored at 43, For example, each server 1 1 in its 
storage 43 may tndude information: Indicating that if destination ieiaohons rsumbef (51 ?> 349-1234 is 
antared by a caller, then the network 13 address of Ihe serves 1 1 iooai to thai particular number Is 
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35.8.12.108 {see the telephone numbers and addresses shown in Figure 3) . AdditionaShc storage 43 ma; 
be used to store accounting information, aafhortzatson code data, credit card Information, end billing 
rrtotmation ietevanf to cartes, si c&er&>>i ■Kuswncitte Airtitcuzahcn aatacase CI* ma*nta*ns the 
auihcsrrzation cades of active iocs: users and their corresponding credit snformasioa Mesnwhlie, memory 
45 is utilized to store operating or application software used for contmfffna. each server 1 1 by way of 
pro<;«ssof(sH?- Additionally, data retrieved from storage 43 may be temporarSy stored to memory 46 
white caffs and connections are being mads 

The directory database within storage 43 maintains the persons* directory of aaeh user local to that serve 
1 1 (acttva and past users} . For each user, the personal directory Includes infotmaSon such as the nam* 
and code of ©sob group and individual which may be called if? modes 85 and 87, persons! usage 
mion-naton, persona! sling information, transaction dates, etc. Because the csjraetory data&aae maintains 
records of both active and past users., when a past user wants So reactivate 'heir account, the Information 
is easily retrieved. According to certain embodiments of this invention, when a user moves from one srea 
to another, the user's database information at 43 vwts ho automatically transfamrd over nahwrs* 13 torn 
oris server 1 1 to another server 1 1 focal the new area, the transferring taking place either at She request 

By way of each user's parsons! directory database at the local server 11, the system accosting to this 

loft by others in die database; {») the user may check lbs status of group voice messages and faxes 
previously requested, (iii) director/ information - the user may request a feiaphons narnhet of a particular 
sodividuai (s) if the 

user inputs a nam© end location: (iv) the user may monitor his personal account, usage, ale,; and (v) the 
user can create, delete, and modify group names, codes and phone numbers relating to group and 
individual modes. 

The duties or functions 
ner-fcOfk. Interface 48 a 
biiitng data and the like stored at 43, 

Vcicsf'data&x controller 4t, provided in each server 11, is shown in more detail In Figure 5. Controller 41 
includes fas/data madam 51, votes i»ne interface 53. coder/decoder (CODEC; 65, digital stana! processing 
unit (DSP) 57. DSP memory 59, OTnprsssion/eleeompression device 81 . encryption/decryption device 83. 
memory 65, and optionally processors) 87. The various devices shown in Figure 5 which make up each 
controller 41 are interconnected by way of buss 59 which communicates with buss 38, 

Voice line interface 53 and fax/data modem Si are connected to tone detector 52 which receives and 
property distributes voice and/or te» ! o'ata signals which are incoming from PBX 16 over link 27. 
Accordingly, interface 53 receives from lone detector 52 incoming voice signals while modem 51 receives 
Incoming fax/data signals. The detector 52 in controller 41 may be interfaced to She local switched 
(dedicated) telephone network 16 by way of a loop start (e.g. RJ 1 1 anrjfor RJ 14) when only a few voice 
lines are te be employed, while a standard Ti trunk 27 may be utiisced for a larger number of lines {PBX 
• 3 may be needed to drstnoiira caffs from she telephone network to an avasisbie isne depending upon She 
number of Unas being served) . Each line can support both Ciaf-m and dial-out functions {voice ana/or fax} 
ciontf oiled; by the voice processing board (see below) . 

vCV lv oi ?e ^ V >tuo j f-X -» -4>0 m o, oei v mb -\ 0 =i < *tec 'r,^ j i» J »v to ^ on 

(D/A.j conversion. CODEC 55 functions to convert the analog signsis received from interface S3 and/or 
modem 51 to digital signals (e.g. during a ieisphone conversation when the caller is oulpofiing analog 
voice signals to tee server via network 15} . 

On the other hand, because each server 1 1 is a bH directional interface, when CODEC 55 receives 
diCjifts: data i'e.g. digital voice dates from OSP 57. rhs CODEC converts «to snatog. and thereafter 
towards it to the isca:; caiierrreolpient via either modem 51 or interface §3, "Thus, CODEC So in each 
server 1 1 performs at least the following two functions: (t) converts analog signals Incoming from Its iocsi 
cai »; ;e.-if.!e.m u 4>u il « ! * ton>afd» same ov»- net^orf iS te tiie oinaf parsv, a^d (::: t»ce:ves 

aigttal sigrrais from she other party over neiwom 13, converts the dig:ta; ssgnais to analog ssgrjate, and 
forwards san-se to the tocat caiier/redpient over Ihe telephone oatwork IS. 

DSP 57 (e.g. Ti TiVtS320 DSP family) performs sampling to voice grade frequency (e.g. 8 kHz) and may 
apply forward error correction {P £Q to ihe d:g;;ai signals received from CODEC 55 in certain 
embodiments. DSP 57 performs digital echo oartoellallort and fax signal demodolation/rnoduiafiori, DSP 
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57 also performs compression of ths digital date to a iowsr number of bits («.g, sight) per sempie. in the | 

other direction, DSP 57 functions to decode the emsr correction and decompress the digits! data received ti 

and mniprsssioo/deoompjsssiof; processes performed by DSP 57, | 

Comprsssion/deeompressiors unit 6 1 performs a different type of oompression/decornpression than that | 

done by DSP 57, thereby compressing date going out over network 13 and decompressing data coming | 

from rsetwork 13. For example, unit Si may aiiitee the 1 

known GSM comprosslcnroeoornpress-tors algorithm (about a5tol rsBo) . Whan security Is of eonsern, | 

encryptfcwdeeryption device 83 is provided and functions ;n a known manner (any standard encryption.' it 

decryption algorithm such as DES may be ussdj to encrypt digits! data going os.it over network 13 and | 

decrypt incoming dsgsiai data, | 

According to certain alternative embodiments of rhis Invention, a Dialogic 0/24GSC-T1 24- port voice s 

processing and Ti board may bs uhtased tthts board including voice input, CODEC. QSP. DSP memory, s 

snd IS connection) m conjtirwtion wsih a Dialogic PAX/120 12-pori tax board (inciting a tax modem and s 

a fax data CODEC) to make up the above-feted compoosfcrsts of controller 41 The Dialogic product | 

supports hafMupfex eosTrmunicatiori, A full duplex product, e.g. Caiian VM200 high integration | 

compressed voice/fax module, supports one port and performs the functions of steps 51 . 52, S3, 55, 57, | 

59, and 61. | 

5 snd the data Sow therebetween. On the other hand, processor 67 Is not required because proess sorts) | 

47 (see Figure 4) may be utilized to perform these functions, | 

Beginning *atn Figure 8. certain embodiments of' this invention will now be described by way of a caii from s 

a nailing party (caller) to a receiving party (recipient) using the system of Figures 3-5, For the purpose of | 

this description, iet w assume that caiier 1 7 i telephone number (2S1 } S1 1 -3001 ) wishes to telephone a 

recipient 21 m a different area coda st destination telephone number (517; 349-1234. in stop 71, caiier 1? | 

begins the process by dialing she local telephone number (338-5500) of ths proximate server 1 1 a 

(originating server) so as to access the server by way of the local telephone network 1 6, At step 73. it is | 

determined whether or not the iocai server nornber is busy, if so, the call ss not made and the exit function s 

76 is performed. I 

However, if the connection between caller 17 and originating server 1 1 is made, the caller is prompted to | 

enter an authorization cods at: 77. The caiier may input the authorisation code by way of QTMF slgrsais or * 

alternatively in a verba! meaner, if tfse entered authorisation code ss verified, the easier is prompted to a 

enter an input cods si 78 for the purpose of selecting one of a plurality of possible different modes, if the | 

authorisation cods is not vanfiad, the exit function 75 is performed ana the caii terminated. | 

By entering the input cade at 79. caiier 1? may seiect one of the four deferent modes shown in Figure 6, s 

namely, two-party OTiViF input mode 81, two-party verbal input roods S3. multi-party QTMF input mode a 

85, and route-party verbal input mode 87, The input cade entered at ?Q may be either verbal or OTMF a 

when caiier 17 is using a telephone. | 

choosing one of She foiiowing four modes:: i! miscellaneous personal services §1 , such as personal | 

directory information stored so the directory data base; II) data modem mode 93 for PC -io-PG connection | 

over network 13; iii) facssmiie transmission mode 95: and rv) two- party real-feme voice conversation mods a 

97. OTsVIF signsis ate used st 88 to select one of these modes when caller 17 is using telephone 28 or | 

37. in fax modes, DT'viF inputs rosy bo used at 78 and/or £9. while in PC- to-PC mode 93. the caiisr may ti 

server {these digits, once prepared, are saved in a fits for automatic dialing) , | 

j t i \ •ss i iif e \ ' \ <\ > k tm> „ ^ „ <- v. , j« ^s, ^ | 

Mode 95 is seiect-sd when the caiier Wisbes to send a facsimile transmission to the recipient, white mode s 

87 is selected vis DT'viF when (he ostler wishes to engage in a real-time verba; phone conversation it 

with n t oi ^ ' t n n ivde ^ c 1 " ^ "i3 i cr'"' 7 v ij^io.r 9*« v!"r q'o^nj 

1 1 to enter the destination phone number of ths recipient (e.g. (SI 7) 349-1 234), the use of this particular ti 

number assuming thai ths recipients number is the same for both receiving fax and voice signals. | 

Following step 98, the facsimiie cotsneciion may be made and the fax. sent at 101 Mode 93 aiso | 

encompasses phone-fo-PC and PC- tc-phone communication in that caller 17 having s simpie anaiog | 
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>t: OoStrf" 4 .■>( sfK v V v* si if i v J ~ * ~ V <*fc» v,f> v«C\Sr-.- -n :iv ~0 *vfk 

13, When, for example, osiier 1:7 has a tslsspbooe and recipient 2 1 has such a PC, the caiisr dials the | 
'sclent's PC The originating ssew :r- toiTi communities with the reopiersts PC ooer ns1wo;x 13 

When tm-p&ty voice conversation mods 97 is chosen si 88, the caller is also prompted to enter the | 

11 local to 9m recipient is addressed by the originating server 11 via network 13 so that resHsnse two- | 

party vesta! communication may fee mads between the caller and recipient a! 103. | 

When two-party verbal Input mods 83 rs chosen at 79, caller 1 7 is prompted to ver bally input the s 

destination phone number of the recipient at 105. foiiowino; step 1 06. ft® oofier and recipient are | 

connected as discussed shove. Mods 83 may f»i be | 

utilized far facsimile purposes acccwdsng to csrfasfs embodiments of this sivsniion. but could bo used In ?: 

combination wish PC mod© 93. | 

When moHs-party DTW mode 85 is chosen at 79. ihe caller is prompted to enter a sequence of different | 

v n, or eii f •'st \v DT X T ho- ^inc ^* oph c ti: >c o x .c tor hot* ; 

by a "** QlrYIF input, and tha entire sequence ending with "*** at 107. in other words, the caller inputs a | 

contioucjus sequence of destination telephone numbers (or codes) , each number being separated from | 

the adjacent namfesr by a <wi- nurrsenc DfW input fs.g. or FoSSowmg tba entering of the phone s 

numbers of the parties to be sailed at 107, safer 17 is prompted to enter a service; cods at 108 for the | 

purpose of selecting from among the three possible modes shown in Figure 8. Via OTMF, the cafSer may | 

select tern mutts-party conferencing mode 111. group facsimile mods 1 1 3, and group voice roassags | 

mode 115. | 

v o i ! f ^ >,o K root t } > t ^ ? " " ri »* t ^ - o * - bv v ^ *. i t"- s td 

destination server rs • ■ i to 'he rmtifcplio^y of recipients identified h> me sequences entered so stop i07 

thereby resulting in s m&hpwty conference call. When mod© 1 13 is selected at 109, the facsimile | 

transmission entered by the caller is automatically sent to too plurality of destinations entered at 107 'm a | 

ssmiiar manner. | 

transmitted to aach destination faispbens ntimdet or rsclplsnt identified at 10?, in aoeordance with mods | 

1 1 S, caiier 1 7 speaks lbs messiage to be sent at 11 7 and thereiafter hangs up the pbone at 1 1 9, the | 

originating ssrvsr 11 detetmirtes from database 25 vvhiori other servers 11 in the hybrid nsfwors nasd to | 

sntsi'ed ai 117 is sent to si; recipients either simultaneously w at different iinies, depeno'irsg upon the ?: 

delay and/or traffic oo network 1 3 (see below} , | 

When moitt-perty verbal ioout mode S7 m chosen at 79, the caiief is prompted to verbally input the group | 

< <n*ti > f 1 sf -t •< i " jf" inc s f pi- -^n v rn •>* P 1 > j - 

or 1 15 is ehoeen arid oarfied out as discussed above. | 

St is Important fhsttba voice modes 103 and 111 be conducted betvifeon ihe caller and recipient (a) in | 

substantially rsaMimo. However, far voice massaging 115 and fax servlcas 101 113, which do not have | 

4 OU« tilt < t i tU <. 5tit > UjJl/t fttifd! ^ ! 3il\ ^ >V>A(vj v f l< ^t p ! At.^O^d O ' 3 « to! 

the massageis) to, the dssflnafiort ssrvsrfs} at a time convenient to the servers and network. After the | 

from the destination server* s> vvltbtn a predelefnssned penod of time (defined by the caJJer} indiOBting the s 

Si 3\ > C f o> ■> i \~ ^ >^ rC ?C - > r> ^ , - x 'M ^ >"C 1 , \»' ■> ( Sv ^ t ' ' 3>v - 1 

status report to easier XI. For ths case of voice messaging, tbs status is saved in storage 43 of the s 

originating server in ths form of a voice message- so that caller 1? can check same 3t a iater sme via msm s 

switched tciephone network 15. I 

Figure ?" is s fiowebed •iiostf&tfng possiDle responses to caller I? using tvi'o-pany voice mods 103 s 
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heard 125, the caller simply hangs up Ihe phone 127, Oi 



the other hand, whan the esllar hears a firing tons 129, s real"' time verba? or voice cos 
place at 131 between caifef 1? and recipient 21 upon the recipient pkMp up his/her phc 
may be left on an answering machine If the recipient does not answer) . raikswincj convs 
party simply hangs up 8»e phone 127 and the exit functton 129 Is performed mnm&XmQ 

Compftcatwos can arts® while caller 1 7 Is walfe-rg for a response at 123. When it is determined by the 
originating ssvst 1 1 that ail network 13 lines are busy 133, a pre-recorded message Is played io the 
cafier indicating that the cafier should switch to 8 regular telephone service, such as AT&T or MCI 

or the remote telephone network 15, at 13S. a simiiar pre-recor<iad message is pisyed to the calling party ; 

example, resuit from a oais^f^o-rso^iaftt network 13 delay which exceeds a predetermined thresooid (see : 
Fig. 11) , Following: the playing of such a message to caller 1? at 13? in response to one of findings 133 
and 135, the caller may opt to have ins originating server 1 1 aatomstlcaiiy switch tha caller to regular long ; 

recipient's telephone number via the PSTN, if the caller in response to the massage at 13? chooses not 
to ho connected via conventional long distance serviea, then exit function 141 is performed end the call 
terminated. 

Depending upon the number of servers 1 1 1n tsa hybrid network located throughout the country or 
throughout the worid, it may be the case that the telephone PUmPer of the recipient being dsaied :s not 
local to a particular server 11 ti e. fee destination number is not found in server database 25) . if such is 
the case, ft as determined by the originating server at 142 a?: which rime a pre-racordets message Is prayed : 
o ^ il at ^ t y h a noi ih t s it< i < ii c ^ H '> h to 

Figure- 8 is a flowchart of mufti- party conferencing roods 1 1 1 as saiacfed by way of either mode 85 or 87, 
Whan mode 111 is selected, caifer 17 waits for a rsspon&s at 143. When It is determined by tha 

107 or 121 ana connected, the conference call Is began 147. After the conference caii is ever, the caller 

defenntnes that ona or a number of parlies identified at 107 or 121 cannot b-s reached for one reason or 
another (e.g. line busy or excessive network delay), a voice message is played at 151 to tha caller 
Identifying which parties could not be connected, if all parties cannot fee reached, caller 17 may s;mp;y 
terminate she call. Otherwise, the conference caii may hs startsd at 14? writ) on!y the parties whseh could ; 
be reached In attendance. Optionally, according to certain alternative embodiments of this Invention, the 
pasties which could not ne connected at 151 may be accessed by the originating server 11 via a 
conventional long distance network (e.g. PSTN) and plugged into the conference call 14? with the parties ; 
accessed over tha hybrid network. 

Figure 8 ts a flowchart, filyssrssinp tim functionality of m originating server 1 1, A* defined herein, an 
originating server is the. server 11 iocal to and accessed by tha calling parry (easier) . Upon connection 
between caller 1 7 and originating server 1 1 , the server at 1 53 promote the caller to Input an authorization I 
coda. Upon receipt of the authorisation coda (e.g. DTMF) , originating server 1 1 accesses at 1 55 its 
authorization database 23, 43, In order to determine if the authorization code is valid {whether it may be 
verrSsdt , Whan the server 1 1 determines at 165 that the authorization code input by the csiier ts improper I 
or Invalid, access to the hybrid network Is denied at 157. However; if the server 11 determines that the 
authorization code input by tha seller is valid, access to tha hybrid network is authorized and originating 
server 1 1 prompts the eager at 1 59 to enter an input code In order to choose between the piurality of 
possible modes St , 83, 35, and 3? Following step 153. the calier enters, for example, a DTSvlF Input code \ 
(sea reference numeral 78 in Figure 8) in order to select a mode of operation. As shown at 151, voice 
recognition and processing software Is utilized when one of modes S3 and 87 is seloetod. Server 11 looks I 
up in storage 43 {IP database 25) the remote server 1 1 address on network 13 covering or corresponding \ 
to the telephone number of the recipient (i.e destination nusnber) . Select step 183 in Bgure 8 

type Identification step 163. Foitowlng stepfs) 163, ths different ; 
1 1 3, and 1 1 5 may be utilised as described above with respect to Figure 
8. 

Figure 10 is a flowchart rllustratlng the steps taken In fax mode 101, group fax mode 1 13, and group voice I 
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shown io Figure 6, ihs originating server 11 

receives the ewespondsng input from cater 17 byway off me 27 m<i saves ft m storage 43 or 
memory 45 at step 165, the diaS-ln fane between caller 1 7 and server 1 1 is disconnected at 

167. The originating server 11 Jakes the recipient's telephone number (e.g. (517) 343-1234} input from 
caller 17 and laofcs. up in iP aetaoase 25 the appropriate server 11 which needs s© be addressed. For 

35.8.12.108. This takes olace at 168. 

Following the determination by the originating server as to which wtvar 11 needs io be addressed, the 

grk, f)v> ~ st n ftk , m k >■ ! f at tf t 1 T t*. k-r toe 

destination serveris) dials the recipient's number <s) input at 99, 107. or 121, and connects to the 
recipient. The orlginaling server waits tor a status update from the destination servers) at 173. For 
example, when a single or group iacsteile transmission is sent the state. ; 

fax {i.e. vwhether or not it was sent}. | 

Figure 11 is a Sowchatf Illustrating the steps taken by originating server 1 1 when tm~p®iiy votes mode | 
1:03 ^& chosen by caiisr !?. Rrstiy, thfs server ': 1 receives and interprets the destination phone number (e 

g. (51 71 348-1 234} entered by the csiier si 1 77 and Socks it up in tts IP database at 179 to mate sure that * 

the hybrid system indices a server 11 Socai to that destination phono number, if tP database 25 lists a | 

server address cos *tm± v » e N e 'ec Je» m x <. >^ <e < s v, fsr <» 3 wit. % »\.t,v sr^Pe | 

server at 1 78 determines that the hybrid systsro does not include a server 1 1 local to or covering the | 

received destination phone number (i.e. no snatch is found), s voice | 

massage is sent to caller 17 at 183 indicating that the destination phone number is not in the service area | 

of the hybrid network. Thereafter, the call may be terminated 188, | 

After sending the connection request packet 181, She originating server 11 at 187 receives a reply packet | 

busy * . When sii lines are found io be busy, the- originating server sends an appropriate message to csiier * 

17 at 188 and thereafter the call may be tarroinaisd t90. | 

When at 18? the originating: server receives a reply packet from the destination server irtdisatKJS that a a 

connection has been made, the originating server at 181 compares the erscMo-ertd network delay based | 
upon the initial connection with a predetermined delay threshold sn order to control she o,uaiity of reai-hme 

voice conversation. For example, if ihe predetermined tnreshold is 1.0 seconds, then a rs determined at a 

191 by the originating server whether lbs eod-io-and delay is greater than, or less than or equal to 1,0 | 

seconds, if the delay <& greater than 1 .0 seconds is.g. due to network congestion or the failure ot the * 
.VV'l Wv^ th» a \rd^jrr\ir;cuto ) v.* o« > jtssju^ s "efil t - v„- - -oiesrO lis init<v \ 

16 at 183. According to certain embodiments, the originating server 1 1 gives the caller the option (in the | 

tow a vo ce o assa^e t ^ ejio>"iot>.:5iiv d;ai t^e o»«!u^t!on phc ne no fib»- tnroo^^ tne f«gu'j: t J ?l N | 

follovdng the "bad communication" message, | 

Whan it is determined at 181 that the and to end ootworK delay between the originating server and the | 

destination server is iess thar? or equsi to 1 .0 seconds, then a full-dopies voice conversation takes place 1 

In resi-tsrne between caller 1 7 and recipient 21a! 185. Foilovvsng the Semination of the reaHtme s 

telephone ca!! at 1 97. the length of the telepho:ns cali (the time of the call) Is f eoordod in siorsge 43 so | 

that caller 1? can be biiisd accordingly. | 

Figure 12 is a block diagram liiustratlrig the steps taken by ths originating server when multi-parry | 

conferencing mode 111 is seinctad by caller 17. At slop 1 &9, the server 1 1 makes a connection request to s 

the requisite destination sarver{sl covering tne desfenafeon teiepnone numbers entered at 107. An efheieni s 
rnuiticasr protocol such as the IP muiticast protocol availabis or. the internet * used Thereafter, in step 

201 ; after the conneolion reply packets have bean received, the originating server sands a voice message | 
" i " ^ t if _ •> (. ' jp s >> " s > " o o i< -• d > ■> ^ •> 

time at 283 with the connected parties or hang op the phone which triggers the termination of all | 

established connections. FollcAving the tsnBination of She rneixt-pany eonvsrsatron ar 205, the originating s 

server updates its billing records for caller 17, The caller is billed accordingly. | 

Figure 13 is a mora detailed fSowchad IllostraSing how a destination server handles a real-time foil duplex | 

voice conversation between sailer 1 7 and recipient 21 . The steps taken by server 1 1 transmitting signals s 
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over network IS are ISiostratsd on the lefhband side of Figure 13 while the steps (srwii out by server 1 1 | 

in receiving signals over rteixvork 13 are illustrated on tns nght-hand s*ds of Figure 1 3. (« Figure 13, when 4 

recipient at 20 7. For example. CODEC 55 -nay utliks 8 KHz ssrosSsrio. and 8-bsts per sampla so that the 4. 

controller generates 84K hits per second. Nest, after CODEC 55 forwards the digital signal So DSP 57. | 

compras&lon device 81 compresses the digitised voice signal at 209 in order to reduce | 

network Irafffcs (e.g. <SSM compression algorithm; , Thereafter, it Is optional at 21 1 so utilize encryption | 

of eoneem. Roro eneryptsr 63. ihe Ssgit&exl signal ss forwarded by way of buss 3$ to network srsterfaoe 48 4 

„ „ I I j » ) Hit * f <. t p -> i„ U i f S i < ^ fKi\ 1 i !>n w : 

that comprsssioii/decorf-ipressfors and encryption/deerypisoii may ba performed either by special hardware 4 

chips (sea Fig- 5} or by software executed by the procss&af^s) 47 in server 11 . IvMtipSe processors 47 | 

may be needed if there are many fees to hanole. | 

-a'?-? >!? ^ ■• ht *:-»r:t ig rss>^ " sr vi v.iu<sd vJCssii vt( ..''v ih'ov.^ > WofK . to j 

She other server. At step 217, ii is determined whether a hang-up signal has bean sent (ronWsf 41 is | 

able to detect silent senate; and hang -up signals) . In fee case of' silent signals, oo packat is sent so as to | 

reduce network traffic. When a hang-up signal is detected, sarvsr 1 1 terminates the connection at 21 § to | 
theft' xt ; i> r> ! ' 1 ' - ^ vak; Mts s{ , i - - - ; ; so- - ' . > v ' >■ -xt 

time, celled phone numberfs}, total number of packets transmitted, and the total number of packets | 

dropped by 9m network, | 

The originating server tt may continuously during a ocmwumcation between a caller and recsprent 4 

monitor She number of packets dropped or delayed ov©r network 13 ond compare ths paroeniaga to a i 

Stik with t&t&rmm to Fi§ufe 13, we turn to the steps taken by a server 1 1 in the receiving mode, RrstSy, | 

the earvsr rscstves packet data from network 13 sat 221 . Thereafter, s&rvsr 11 assamhies the packets at | 

223 a^d atlsas decrypttfig dsvioe 83 | 

" , s ■> k - - - , ■. -~ ? ^ 1 ^ r ^ %v ^ 5 >-Oi Ot 5 C v -> --^i; n tho 

dsgitaed voice data si 22? and CODEC 55 convert* the ti : g:tai s^nai to analog ot 229 VVhsn it ;s : 

defeniilnad at 231 that a received packet from network IS inaludas a hahg-dp Sidnak exit function 21 S is | 

Figui'a 14 is a t?owchs;1 lostratmg 8?e steps of fynciiorss performed ty a osiiied or destination server 11, | 

13, The packst ss -nvorpretsd m order to dfitermins tte type ot requssr. VVnsn ths myumi rolstos to a (ong «| 

distance oak or the like (Figure 6). the destination phone number is exacted ai 236, if the fax mode is | 

■* ^ (( J li^t 1 « VvUfO J d J S i:t >. j ^ I ^ O I 

voice message » deiiversd over a dsdicased Um st 243 fdiovring the oonnscrion with an avaiiablo sns. «| 

kae« are busy, a message indicating same is sent back to the originating server at 245, it a phono iins(si 4 

is avsiiafoie and a connection is made with the destination phona number ie.g. (51?) 349-1234}. then the | 

destination server at 24? sends a "conrisction estabiished" packet hack io the originsting server. | 

Thsi'aafter, a real-time voios oo«vsreation takes place 243 and ;a terrrsinats?! when desired 249, 4 

For voice messaging and facsimile tfanemissiori modes, the reaklme constraia! i» not sfttngent. Thus-, if 4. 

time period es shown in Figure 1 S, | 

which m a llowohart iS-ustratiog the steps performed in the dialing out to the reo-plsot by the destination 4 

server 11 f irstly , the server searches for an available dial-oat Sine at 251, When alt are found to he in | 

a packet back to the originating server indicating thai Sis connection cortid not be desversd after a | 

predetermined period ot time 2534. When an avallabie tins is iooated at 251 , the destination phone number | 
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busy, if busy, ih® server proceeds to 252 white if answered, the connection is roaeie twtmm trie c 

Ones givers the above disclosure, therefore, various ether rootMcatfons, feature 
become appsfsns to Ihs skilled artisan. Such other features. modifications and improvms®: 

considsmd a part of this invention!, the seeps of whit* is to be determined by ths Mowing 
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